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DETAILED ACTION 
Claim Rejections - 35 USC § 103 

1 . The following is a quotation of 35 U.S.C. 1 03(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

2. Claim 1, 3 and 17 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over U.S. Patent No. 6,754,221 to Whitcher et al in view of U.S. Patent No. 6,678,250 to 
Grabelsky et al. 

Referring to claims 1 and 17, Whitcher et al disclose a gateway apparatus 
(Figure 1 , gateway 18) which interconnects a first network (Figure 1 , 
telecommunications network 12) and an IP network (Figure 1 , data network 38). Data 
network 38 can be the Internet for delivering IP packets. Refer to Column 1 , lines 26-36 
and lines 51-57; and Column 4, lines 24-37. The apparatus comprises: 

An encoding processing unit (Figure 2, compression module 108) receiving voice 
data from the first network and generating encoded voice data from the received voice 
data. Gateway 18 receives telecommunication information for the subscriber from 
telecommunication network 12 and compresses the telecommunication information 
according to the selected algorithm. Refer to Column 7, lines 49-55. 

A packet processing unit (Figure 2, packetization module 110) creating IP 
packets of the encoded voice data from the encoding processing unit and transmitting 
the IP packets to the IP network, the packet processing unit receiving packets from a 
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second gateway apparatus (Figure 1 ; IAD 26, MTA 28 or WNIU 30) via the IP network. 
Gateway 18 then encapsulates the compressed telecommunication information, and 
communicates the data packets to the subscribers' customer premises equipment 14. 
Refer to Column 7, lines 55-59; and Column 1 1 , lines 64-66. 

A network-state estimation unit (Figure 2, memory 102) determining network- 
state information (bandwidth) of the IP network based on the received packets from the 
packet processing unit. Memory 102 stores a table (Figure 3) of customer premises 
information associating each customer premises equipment 14 with bandwidth and 
compression information. For communication with a particular customer premises 
equipment 14, a compression algorithm is chosen according to the available bandwidth. 
Refer to Column 12, line 39 to Column 14, line 4. Furthermore, as shown in Figure 5, 
the total bandwidth 302 and available bandwidth 308 determines what type of 
compression algorithm will be used for different subscribers 310-316. As subscribers 
310-316 join the system, the bandwidth allocated for voice 306 increases and the 
available bandwidth 308 decreases. As the available bandwidth 308 decreases, 
gateway 18 selects the compression algorithm that uses less bandwidth. Therefore, the 
network-state information (bandwidth) is based on packets received from customers. If 
there are more customers sending packets, the available bandwidth decreases which 
affects the chosen compression algorithm. Refer to Column 15, line 15 to Column 16, 
line 19. 

A determination unit (Figure 2, management module 100) controlling, before the 
transmission of the IP packets, at least the encoding of the voice data by the encoding 
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processing unit based on the network-state information (bandwidth) determined by the 
network-state estimation unit. Management module 100 manages the operation of 
gateway 18 using bandwidth, compression, and subscriber information stored in 
memory 102. For communication with a particular customer premises equipment 14, 
management module 100 determines a compression algorithm according to the 
available bandwidth. Refer to Column 9, lines 1 7-23 and lines 45-58; and Column 1 1 , 
lines 1-20. 

Wherein the IP packets to be transmitted to the IP network are processed 
according to network-state information indicating the state of the IP network, 
independently of the network state of other networks. As shown in Figure 5, as 
subscribers 310-316 join the system, the bandwidth allocated for voice 306 increases 
and the available bandwidth 308 decreases. As the available bandwidth 308 
decreases, gateway 18 selects the compression algorithm that uses less bandwidth. 
Therefore, the network-state information (bandwidth) is based on packets received from 
customers. If there are more customers sending packets, the available bandwidth 
decreases which affects the chosen compression algorithm. The state of the IP network 
(the number of users connected to the IP data network 38 and the bandwidth they are 
using) is used in determining the encoding of the packets. Refer to Column 15, line 15 
to Column 16, line 19. 

Wherein the determination unit determines a type of service value (IP, ATM, 
frame relay, or other data communication protocol) based on the received packets and 
transmits the type of service value to the packet processing unit to control the 



Application/Control Number: 09/964,825 Page 5 

Art Unit: 2616 

packetizing of the packet processing unit (Column 11, line 32 to Column 12, line 7), and 
the determination unit determines a type of encoding (Figure 3, available voice 
compression algorithms 216) based on the received packets and transmits the type of 
encoding to the encoding processing unit to control the encoding of the encoding 
processing unit (based on the bandwidth between the gateway 18 and customer 
premises equipment 14, the management module 100 chooses a particular encoding 
method; Column 11, lines 1-20; and Column 12, line 39 to Column 14, line 4). 

Whitcher et al do not disclose that the packet processing unit periodically 
receives real-time transport control protocol (RTCP) packets. 

Grabelsky et al disclose in Figure 3 a RTCP packet that is sent between nodes to 
convey network performance information such as packet loss and jitter, which is due to 
available network bandwidth and traffic patterns. Refer to Column 1 , lines 39-57; 
Column 2, lines 26-40; and Column 6, line 40 to Column 8, line 6. The transmission 
interval between successive RTCP packets is controlled to prevent RTCP packets from 
consuming all of the network bandwidth. Refer to Column 9, line 60 Column 10, line 38. 
Therefore, it would have been obvious to one of ordinary skill in the art at the time the 
invention was made to include that the packet processing unit periodically receives real- 
time transport control protocol (RTCP) packets. One would have been motivated to do 
so since RTCP packets allow the system to more accurately measure packet loss and 
delay, thereby better determining the network state. 

Referring to claim 3, Whitcher et al discloses wherein the determination unit 
(Figure 2, management module 100) determines an option of non-voiced data 
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compression or non-compression that is performed by the encoding processing unit, 
based on the network-state information of the IP network. Telecommunication 
information from telecommunication network 12 may include voice, data, image, video, 
or any other type of information. Refer to Column 3, lines 8-1 1 . Also, packetization 
modules 110 may receive either compressed telecommunication information from 
compression modules 108 or uncompressed telecommunication information from TIMs 
1 04 or echo cancellation modules 1 06. Refer to Column 1 1 , lines 40-44. 
3. Claims 4, 5 and 10 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over U.S. Patent No. 6,754,221 to Whitcher et al in view of U.S. Patent No. 6,678,250 to 
Grabelsky et al, and in further view of U.S. Patent No. 6,760,309 to Rochberger et al. 

Referring to claim 4, Whitcher et al disclose in Figure 2 that the determination 
unit (management module 100) controls the packetizing of the packet processing unit 
(packetization module 1 1 0). Refer to the rejection of claim 1 . 

Whitcher et al do not disclose wherein the determination unit determines a 
packet discarding priority level of the packet processing unit, based on the network- 
state information of the IP network. 

Rochberger et al discloses in Figure 5, packets are assigned priority levels 
depending on their TTL values, with packets having a lower TTL being assigned lower 
priorities since they cannot be used at the destination. In Figure 8, steps 156 and 158, 
packets that arrive with TTL field values smaller than a threshold are discarded since 
they are stale to an extent that they cannot be used at the destination. Refer to Column 
1 1 , lines 44-65 and Column 14, lines 33-58. Therefore, it would have been obvious to 
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one of ordinary skill in the art at the time the invention was made to include that the 
determination unit determines a packet discarding priority level of the packet processing 
unit, based on the network-state information of the IP network. One would be motivated 
to do so in order to assign lower priorities to packets with smaller TTL values, so that 
the system can discard older packets to prevent network congestion and overflow. 

Referring to claim 5, Whitcher et al disclose in Figure 2 that the determination 
unit (management module 100) controls the packetizing of the packet processing unit 
(packetization module 1 1 0). Refer to the rejection of claim 1 . 

Whitcher et al do not disclose wherein the determination unit determines a 
packet transmission priority level of the packet processing unit, based on the network- 
state information of the IP network. 

Rochberger et al discloses a determination unit (Figure 6, processor 114) which 
determines a packet transmission priority level of the packet processing unit, based on 
the network-state information of the second network. Delay sensitive queues 108 and 
non-delay sensitive queues 106 are assigned priorities and are transmitted by the 
processor 114 according to priorities. The delay sensitive queues 108 are further 
broken down into different priority levels P1-P4, of which are transmitted according to 
Figure 8. Refer to Column 12, lines 29-60 and Column 14, lines 33-58. Therefore, it 
would have been obvious to one of ordinary skill in the art at the time the invention was 
made to include wherein the determination unit determines a packet transmission 
priority level of the packet processing unit, based on the network-state information of 
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the IP network. One would be motivated to do so in order to allow higher priority 
packets to be transmitted before lower priority packets. 

Referring to claim 10, Whitcher et al do not disclose wherein the network-state 
estimation unit reads a TTL value from a packet that is received from the second 
gateway apparatus via the IP network at a start of communication, the network-state 
estimation unit sending the TTL value to the determination unit. 

Rochberger et al discloses that each packet contains a TTL field that conveys the 
time left before the packet is no longer of any use in the network. Each network entity 
that receives the packet with a TTL field subtracts from it the time the packet spent in 
that entity. Thus, the TTL field decreases as it hops from network entity to entity in the 
network. As shown in Figure 8, steps 156 and 158, a receiving network element reads 
the TTL value from a received packet and uses it to determine the priority of the packet 
to place it in a corresponding queue or discard it if its TTL value is blow a threshold. 
Refer to Column 14, lines 33-58. Therefore, it would have been obvious to one of 
ordinary skill in the art at the time the invention was made to include wherein the 
network-state estimation unit reads a TTL value from a packet that is received from the 
second gateway apparatus via the IP network at a start of communication, the network- 
state estimation unit sending the TTL value to the determination unit. One would be 
motivated to do so in order to utilize a TTL value of a packet to determine how long a 
packet has been in the network, thereby discarding all older packets to prevent network 
congestion and overflow. 

4. Claims 6 and 8 are rejected under 35 U.S.C. 1 03(a) as being unpatentable over 
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U.S. Patent No. 6,754,221 to Whitcher in view of U.S. Patent No. 6,678,250 to 
Grabelsky et al, and in further view of U.S. Patent No. 6,868,094 to Bordonaro et al. 

Referring to claim 6, Whitcher et al do not disclose wherein the network-state 
estimation unit determines a packet loss ratio based on the IP packets that are received 
from the second gateway apparatus via the IP network, and sends the packet loss ratio 
to the determination unit. 

Bordonaro et al discloses in Figures 1A and 1B a network-state estimation unit 
(sender 1 8a/voice gateway 18a) that determines a packet loss ratio based on packets 
(probe packets Pa' and Pb') that are received from a second gateway apparatus 
(respsonder 18b/voice gateway 14b) via the second network and sends the packet loss 
ratio to the determination unit (sender 18a/voice gateway 18a). In Figure 4, sender 18a 
sends (step 100) probe packets containing a send sequence number field to responder 
18a who modifies (step 102) the receive sequence number field and sends the probe 
packet back to sender 18a. Sender 18a can then use (step 104) the probe packet to 
determine packet loss. Refer to Column 3, lines 23-33; Column 7, lines 47-54; Column 
9, lines 7-46; and Column 1 1 , lines 28-55. Therefore, it would have been obvious to 
one of ordinary skill in the art at the time the invention was made to include wherein the 
network-state estimation unit determines a packet loss ratio based on the IP packets 
that are received from the second gateway apparatus via the IP network, and sends the 
packet loss ratio to the determination unit. One would be motivated to do so in order for 
the service provider to measure data packet loss and for the users to monitor data 
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packet loss to ensure a requested quality of service level. Refer to Column 1 , lines 26- 
29. 

Referring to claim 8, Whitcher et do not disclose wherein the network-state 
estimation unit determines a packet arrival time jitter based on packets that are received 
from the second gateway apparatus via the IP network, and sends the packet arrival 
time jitter to the determination unit 

Bordonaro et al discloses in Figures 1A and 1B a network-state estimation unit 
(sender 18a/voice gateway 18a) that determines a packet arrival time jitter based on 
packets (probe packets Pa' and Pb') that are received from a second gateway 
apparatus (respsonder 18b/voice gateway 14b) via the second network and sends the 
packet arrival time jitter to the determination unit (sender 1 8a/voice gateway 1 8a). In 
Figure 4, sender 18a sends (step 100) probe packets containing a send time field to 
responder 18a who modifies (step 102) the receive time field and sends the probe 
packet back to sender 18a. Sender 18a can then use (step 104) the probe packet to 
determine packet jitter. Refer to Column 3, lines 34-44; Column 7, lines 37-46; Column 
8, line 65 to Column 9, line 6; and Column 1 1 , lines 28-55. Therefore, it would have 
been obvious to one of ordinary skill in the art at the time the invention was made to 
include wherein the network-state estimation unit determines a packet arrival time jitter 
based on packets that are received from the second gateway apparatus via the IP 
network, and sends the packet arrival time jitter to the determination unit. One would be 
motivated to do so in order for the service provider to measure data packet jitter and for 
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the users to monitor data packet jitter to ensure a requested quality of service level. 
Refer to Column 1 , lines 26-29. 

5. Claims 7 and 9 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
U.S. Patent No. 6,754,221 to Whitcher in view of U.S. Patent No. 6,678,250 to 
Grabelsky et al in view of U.S. Patent No. 6,868,094 to Bordonaro et al, and in further 
view of U.S. Patent No. 6,816,464 to Scott et al. 

Whitcher et al discloses that a set of predetermined control parameters levels 
being inclusive of at least one of a set of packet discarding priority levels (none), a set of 
packet transmission priority levels (none), and set of encoding type levels (claim 2). 
Refer to the rejection of claim 2. 

Whitcher et al do not disclose that the determination unit stores at least one 
reference value of the packet loss ratio (claim 7) / the packet arrival time jitter (claim 9), 
and determines a specific one of a set of predetermined control parameter levels based 
on the result of comparison of said at least one reference value and the packet loss 
ratio (claim 7) / packet arrival time jitter (claim 9) received from the network-state 
information. 

Scott et al disclose a network-state storage unit (Figure 3, database 310) that 
stores results of route tests, route checking parameters, and route information of 
various candidate routes with respect to a particular destination (Figure 2, gateway 204, 
206 or 208). The network-state information includes average delay, average jitter and 
packet loss. Refer to Column 7, lines 1 1-40. The database 310 stores a reference 
value of a packet loss ratio and a packet arrival time jitter and uses the reference values 
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to compare test results (table 1 and table 2) of candidate routes. The reference value of 
the packet loss ratio and packet arrival jitter is obtained and stored from previous tests. 
Refer to Column 7, lines 41-65. When a call to a particular gateway is made, the 
database 310 determines a specific one of a set of predetermined control parameters 
(scoring the candidate routes, prioritizing the candidates routes, and choosing the best 
route) based on the comparison of the network-state information with the reference 
values. Refer to Column 8, line 33 to Column 9, line 50. Therefore, it would have been 
obvious to one of ordinary skill in the art at the time the invention was made to include 
that the determination unit stores at least one reference value of the packet loss ratio 
(claim 7) / the packet arrival time jitter (claim 9), and determines a specific one of the 
set of predetermined control parameter levels based on the result of comparison of said 
at least one reference value and the packet loss ratio (claim 7) / packet arrival time jitter 
(claim 9) received from the network-state information. One would be motivated to do so 
to compare network conditions of candidate routes with reference value in order to 
provide a basis for which to prioritize the routes and choose the best route for packet 
transmission. Network conditions also affect which encoding algorithm should be used 
to encode the packets. Compression algorithms providing higher quality require higher 
bandwidth utilization. Compression algorithms providing lower quality saves bandwidth 
but can affect the transmission quality. 

6. Claim 11 is rejected under 35 U.S.C. 103(a) as being unpatentable over U.S. 
Patent No. 6,754,221 to Whitcher et al in view of U.S. Patent No. 6,678,250 to 
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Grabelsky et al in view of U.S. Patent No. 6,760,309 to Rochberger et al, and in further 
view of U.S. Patent No. 6,816,464 to Scott etal. 

Refer to the rejection of claims 7 and 9 and claim 10. Furthermore, Whitcher et 
al and Scott et al do not disclose that the reference value is a TTL value. 

Rochberger et al discloses in Figure 5, packets are assigned priority levels 
depending on their TTL values, with packets having a lower TTL being assigned lower 
priorities since they cannot be used at the destination. In Figure 8, steps 156 and 158, 
packets that arrive with TTL field values smaller than a threshold are discarded since 
they are stale to an extent that they cannot be used at the destination. Refer to Column 
1 1 , lines 44-65 and Column 14, lines 33-58. Therefore, it would have been obvious to 
one of ordinary skill in the art at the time the invention was made to include that the 
reference value is a TTL value. One would be motivated to do so since a packet's TTL 
value determines how long a packet has been in the network, thereby allowing older 
packets to be discarded to prevent network congestion and overflow. 
7. Claims 12-15 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
U.S. Patent No. 6,754,221 to Whitcher in view of U.S. Patent No. 6,678,250 to 
Grabelsky et al, and in further view of U.S. Patent No. 6,81 6,464 to Scott et al. 

Referring to claim 12, Whitcher et al do not disclose a network-state storage unit 
storing the network-state information with respect to each of a plurality of destination 
stations in the IP network, wherein the determination unit stores a reference value of 
one of a packet loss ratio and a packet arrival time jitter, and, when a call connection 
between the gateway apparatus and one of the plurality of destination stations is 
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established, the determination unit determines a specific one of a set of predetermined 
control parameter levels based on the result of comparison of the reference value and 
the network-state information of said one of the plurality of destination stations read 
from the network-state storage unit. 

Scott et al disclose a network-state storage unit (Figure 3, database 310) that 
stores results of route tests, route checking parameters, and route information of 
various candidate routes with respect to a particular destination (Figure 2, gateway 204, 
206 or 208). The network-state information includes average delay, average jitter and 
packet loss. Refer to Column 7, lines 1 1-40. The database 310 stores a reference 
value of a packet loss ratio and a packet arrival time jitter and uses the reference values 
to compare test results (table 1 and table 2) of candidate routes. The reference value of 
the packet loss ratio and packet arrival jitter is obtained and stored from pervious tests. 
Refer to Column 7, lines 41-65. When a call to a particular gateway is made, the 
database 310 determines a specific one of a set of predetermined control parameters 
(scoring the candidate routes, prioritizing the candidates routes, and choosing the best 
route) based on the comparison of the network-state information with the reference 
values. Refer to Column 8, line 33 to Column 9, line 50. Therefore, it would have been 
obvious to one of ordinary skill in the art at the time the invention was made to include a 
network-state storage unit storing the network-state information with respect to each of 
a plurality of destination stations in the IP network, wherein the determination unit stores 
a reference value of one of a packet loss ratio and a packet arrival time jitter, and, when 
a call connection between the gateway apparatus and one of the plurality of destination 
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stations is established, the determination unit determines a specific one of a set of 
predetermined control parameter levels based on the result of comparison of the 
reference value and the network-state information of said one of the plurality of 
destination stations read from the network-state storage unit. One would be motivated 
to do so to compare network conditions of candidate routes with reference values in 
order to provide a basis for which to prioritize the routes and choose the best route for 
packet transmission. 

Referring to claim 13, Whitcher et al does not disclose wherein the network-state 
estimation unit transmits test voice data to the second gateway apparatus via the IP 
network, receives test packets from the second gateway apparatus via the IP network, 
and determines the network-state information, including an estimated network delay and 
an estimated voice data quality level, based on the result of comparison of the test voice 
data and the test packets. 

Scott et al disclose in Figure 5 a method of testing the network quality. The 
network-state estimation unit (routing manager 306) in the source gateway sends (step 
508) test packets in the form of quality measurement packets to the destination 
gateway. The destination gateway receives (step 510) the quality measurement 
packets and returns the packet back to the originating gateway as soon as possible. 
The returned tests packet includes information about the packet that was received by 
the destination gateway. The routing manager 306 measures the returned packets and 
determines network quality parameters such as an estimated network delay (average 
delay) and an estimated voice data quality level (average jitter and packet loss ratio), 
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according to table 1 and table 2. Refer to Column 8, line 64 to Column 9, line 50. 
Therefore, it would have been obvious to one of ordinary skill in the art at the time the 
invention was made to include wherein the network-state estimation unit transmits test 
voice data to the second gateway apparatus via the IP network, receives test packets 
from the second gateway apparatus via the IP network, and determines the network- 
state information, including an estimated network delay and an estimated voice data 
quality level, based on the result of comparison of the test voice data and the test 
packets. One would be motivated to do so to utilize test packets to determine network 
qualities of various routes in the network and select the best route accordingly. 

Referring to claim 14, Whitcher et al does not disclose wherein the network-state 
estimation unit compares a transmission time of the test voice data and a 
receiving time of the test packets, and calculates an estimated network delay of the IP 
network based on the result of the comparison of the transmission time and the 
receiving time. 

Scott et al disclose in Figure 5 a method of testing the network quality. Upon 
receiving (step 510) the returned test packets from the destination gateway, the 
network-state estimation unit (routing manager 306) measures the returned packets and 
determines network average delay by subtracting the receive time from the send time, 
according to table 1 . Refer to Column 8, line 64 to Column 9, line 50. Therefore, it 
would have been obvious to one of ordinary skill in the art at the time the invention was 
made to include wherein the network-state estimation unit compares a transmission 
time of the test voice data and a receiving time of the test packets, and calculates an 
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estimated network delay of the IP network based on the result of the comparison of the 
transmission time and the receiving time. One would be motivated to do so in order to 
utilize the test packets to determine network delay of various routes in the network and 
select the route with the least delay. 

Referring to claim 15, Whitcher et al do not disclose wherein the network-state 
estimation unit determines at least one of a packet loss ratio and a packet arrival time 
jitter of the IP network based on the received test packets. 

Scott et al disclose in Figure 5 a method of testing the network quality. The 
routing manager in the source gateway sends (step 508) test packets in the form of 
quality measurement packets to the destination gateway. The destination gateway 
receives (step 510) the quality measurement packets and returns the packet back to the 
originating gateway as soon as possible. The returned tests packet includes 
information about the packet that was received by the destination gateway. The routing 
manager measures the returned packets and determines network quality parameters 
such as average delay, average jitter, and packet loss ratio (table 1 and table 2). Refer 
to Column 8, line 64 to Column 9, line 50. Therefore, it would have been obvious to one 
of ordinary skill in the art at the time the invention was made to include wherein the 
network-state estimation unit determines at least one of a packet loss ratio and a packet 
arrival time jitter of the IP network based on the received test packets. One would be 
motivated to do so in order to determine the network conditions and select the route 
with the lowest the lowest average delay, average jitter and packet loss. 
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8. Claim 16 is rejected under 35 U.S.C. 103(a) as being unpatentable over U.S. 
Patent No. 6,754,221 to Whitcher et al in view of U.S. Patent No. 6,678,250 to 
Grabelsky et al in view of U.S. Patent No. 6,816,464 to Scott et al, and in further view of 
U.S. Patent No. 6,466,548 to Fitzgerald. 

Whitcher et al does not disclose wherein the encoding processing unit receives 
the test voice data from the network-state estimation unit, and generates pulse-code- 
modulation encoded voice data from the received test voice data. 

Fitzgerald discloses wherein the encoding processing unit receives the test voice 
data from the network-state estimation unit, and generates pulse-code-modulation 
encoded voice data from the received test voice data. Refer to Column 6, lines 22-26 
and Column 7, lines 6-9. Therefore, it would have been obvious to one of ordinary skill 
in the art at the time the invention was made to include wherein the encoding 
processing unit receives the test voice data from the network-state estimation unit, and 
generates pulse-code-modulation encoded voice data from the received test voice data. 
One would be motivated to do so since PCM is a sampling technique to digitize analog 
audio signals for transmission over the telephone system. Refer to Column 5, lines 45- 
56. 

9. Claim 18 is rejected under 35 U.S.C. 103(a) as being unpatentable over U.S. 
Patent No. 6,738,351 to Qureshi et al in view of U.S. Patent No. 6,754,221 to Whitcher 
et al in view of U.S. Patent No. 7,020,263 to Bauer et al, and in further view of U.S. 
Patent No. 6,678,250 to Grabelsky et al. 

Referring to claim 18, Qureshi et al disclose in Figure 2 a communication 
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apparatus comprising: 

An encoding processing unit (means for performing compression in gateway 18a) 
encoding voice data. 

A packet processing unit (means for packetizing voice data in gateway 18a) 
generating packets so that the packets are transmitted from the communication 
apparatus to a second communication apparatus (device connected to PSTN 14b). 
Refer to Column 1 , lines 44-46 and Column 5, lines 4-7. 

A quality level estimation unit (network congestion manager NCM 38) 
determining a quality level (number of received cells, number of cell lost, number of 
received octets, and number of packet loss) based on packets which are received from 
the second communication apparatus. As shown in Table 1 (Column 6, lines 36-64), 
there are several congestion indicators that are based on the packets received from the 
destination end. Congestion indicators include the number of received cells, number of 
cell lost, number of received octets, and number of packet loss. Refer to Column 5, 
line 59 to Column 7, line 1 1 . 

A determination unit (NCM 38) controlling the encoding of voice data by the 
encoding processing unit such that, when a congestion state is detected based on the 
quality level determined by the quality level estimation unit, a CODEC type having a 
compression ratio higher than a compression ratio of a CODEC type selected in a non- 
congestion state is selected for the encoding of voice data by encoding processing unit. 
When congestion decreases in the system, the voice compression ratio is decreased 
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and when congestion increases in the system, the voice compression ratio is increased. 
Refer to Column 13, line 52 to Column 14, line 62. 

Wherein the determination unit determines a type of service value (voice or 
combined voice and data) based on the received packets and transmits the type of 
service value to the packet processing unit to control the packetizing of the packet 
processing unit (Column 1, lines 13-35 and Column 2, lines 5-17), and the 
determination unit determines a type of encoding (compression rate) based on the 
received packets and transmits the type of encoding to the encoding processing unit to 
control the encoding of the encoding processing unit (Column 13, line 52 to Column 14, 
line 62). 

Qureshi et al do not specifically disclose that the packet processing unit creates 
packets through packetizing the encoded voice data from the encoding processing unit. 

Whitcher et al disclose in Figure 2 a gateway 1 8 with a packetization module 1 1 0 
that packetizes packets received from the encoding processing unit (compression 
module 108). Refer to Column 11, lines 1-63. Therefore, it would have been obvious to 
one of ordinary skill in the art at the time the invention was made to include that the 
packet processing unit creates packets through packetizing the encoded voice data 
from the encoding processing unit. One would have been motivated to do so in order to 
compress the data and then convert the data into packets for transmission to the 
destination. 
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Qureshi et al also do not disclose wherein a change in the encoding controlled by 
the determination unit is informed from the communication apparatus to the second 
communication apparatus by using a packet generated by the packet processing unit. 

Bauer et al disclose in Figure 3 a similar system wherein a network monitoring 
agent 300 determines network conditions and changes the compression ratio 
accordingly. Refer to Column 5, line 5 to Column 6, line 41 . When a new compression 
mechanism is chosen, the source "...notifies the other party in the connection, referred 
to as the recipient, that all subsequent packets will be encoded with a new compression 
algorithm" (Column 5, lines 15-18). Therefore, it would have been obvious to one of 
ordinary skill in the art at the time the invention was made to include wherein a change 
in the encoding controlled by the determination unit is informed from the communication 
apparatus to the second communication apparatus by using a packet generated by the 
packet processing unit. One would have been motivated to do so in order for the 
destination to know which decompression algorithm to use to decompress the packets. 

Qureshi et al also do not disclose that the quality level is based on real-time 
transport control protocol (RTCP) packets where are periodically received form the 
second communication apparatus. Refer to the Grabelsky et al rejection of claims 1 
and 17. 
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Response to Arguments 

10. Applicant's arguments filed February 20, 2008 have been fully considered but 
they are not persuasive. 

Referring to the argument that Whitcher et al disclose that the bandwidth for each 
customer premises equipment is predetermined and that Whitcher et al do not disclose 
RTCP packets: Memory 102 stores a table (Figure 3) of customer premises information 
associating each customer premises equipment 14 with bandwidth and compression 
information. For communication with a particular customer premises equipment 14, a 
compression algorithm is chosen according to the available bandwidth. Refer to 
Column 12, line 39 to Column 14, line 4. As shown in Figure 5, the total bandwidth 302 
and available bandwidth 308 determines what type of compression algorithm will be 
used for different subscribers 310-316. As subscribers 310-316 join the system, the 
bandwidth allocated for voice 306 increases and the available bandwidth 308 
decreases. As the available bandwidth 308 decreases, gateway 18 selects the 
compression algorithm that uses less bandwidth. The network-state information 
(bandwidth) is based on packets received from customers. If there are more customers 
sending packets, the available bandwidth decreases which affects the chosen 
compression algorithm. Refer to Column 15, line 15 to Column 16, line 19. Therefore, 
the bandwidth changes the compression algorithm. Refer also to the new rejection of 
claims 1 and 17. 
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Conclusion 

1 1 . Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to CHRISTINE NG whose telephone number is (571)272- 
3124. The examiner can normally be reached on M-F; 8:00 am - 5:00 pm. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Firmin Backer can be reached on (571) 272-6703. The fax phone number 
for the organization where this application or proceeding is assigned is 571-273-8300. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 



C. Ng 

May 14, 2008 



/FIRMIN BACKER/ 

Supervisory Patent Examiner, Art Unit 2616 



